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EXAMINER'S AMENDMENT 

1. An examiner's amendment to the record appears below. Should the changes 
and/or additions be unacceptable to applicant, an amendment may be filed as provided 
by 37 CFR 1.312. To ensure consideration of such an amendment, it MUST be 
submitted no later than the payment of the issue fee. 

Authorization for this examiner's amendment was given in a telephone interview 
with Michael Bentley on August 31 , 2007. 

The application has been amended as follows: 

1 . (currently amended) A method, comprising the steps of: 

receiving [[a]] first voice traffic at a first Voice over Internet Protocol (VoIP) gateway; 

determining whether a destination^ the first voice traffic is serviced by a second VoIP 
gateway; 

in response to a determination that said destination is serviced by said second VoIP 
gateway, multiplexing, at said first VoIP gateway, at least one modified RTP packet conveying 
said first voice traffic with at least one modified RTP packet conveying said second voice traffic 
if said second voic e traffic is being provided to said second VoIP gateway; and 

transporting said multiplexed voic e traffic modified RTP packets to said second VoIP 
gateway utilizing a plurality of transport packets, wh e r e in said transport packet s are User 
Datagram Protocol (UDP)/Internet Protocol (IP) packets , and wh e r e in said UDP/IP pack e t s 
transp o rt said modifi e d RTP packet s; 

wherein each of said modified RTP packets compris e comprises at l e ast one of : 
a Payload field for containing a including voice traffic; 
an RTP header; 

a Call Identifier field for identifying a caller; 

a Length Indicator field for identifying the a size of the payload Payload field; and 
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a Header Error Check field for identifying errors in the Call Identifier field and 
the Length Indicator field. 

2-5. (cancelled) 

6. (previously presented) The method of claim 1, wherein said Header Error Check field 
performs one bit error correction. 

7. (previously presented) The method of claim 1, further comprising the step of 
communicating messages between said first VoIP gateway and said second VoIP gateway. 

8. . (currently amended) The method of claim 7, wherein , during a call setup, said first VoIP 
gateway communicates an Open Logical Channel message to said second VoIP gateway^ 
wherein said Open Logical Channel message includes including said first VoIP gateway's port 
number and a Call Identifier of the calling party. 

9. (currently amended) The method of claim 8, wherein a in response to said Open Logical 
Channel message^ said second VoIP gateway communicates an Open Logical Channel ACK 
message to said second VoIP gateway, wherein said Open Logical Channel ACK message 
includes including said second VoIP gateway's port number and a Call Identifier fef of the called 
party. 

10. (currently amended) The method of claim 7, wherein in response to a caller terminating a 
call, said first VoIP gateway communicates a Close Logical Channel message to said second 
VoIP gateway, wherein said Close Logical Channel message includes including said first VoIP 
gateway's port number and said a Call Identifier of the calling party to s aid s e cond VoIP 
gateway . 

11. (currently amended) The method of claim 10, wherein^ in response to said Close Logical 
Channel message^ said second VoIP gateway communicates a Close Logical Channel ACK 
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message to said first VoIP gateway, wherein said Close Logical Channel ACK message includes 
including said second VoIP gateway's port number and sakl a Call Identifier of the called party. 

12. (original) The method of claim 1, wherein said step of determining is made utilizing a 
gatekeeper. 

13. (currently amended) In a communication system for transporting voice traffic over an 
Internet Protocol (IP) network to a destination, apparatus comprising: 

a first Voice over Internet Protocol (VoIP) gateway, for receiving [[a]] first voice traffic; 

said first VoIP gateway determining whether said destination of said first voice traffic is 
serviced by a second VoIP gateway; 

said first VoIP gateway, in response to a determination that said destination is serviced by 
said second VoIP gateway, multiplexing at least one modified RTP packet conveying said first 
voice traffic with at least one RTP packet conveying second voice traffic if said second voice 
traffic is being provided to said second VoIP gateway; 

said first VoIP gateway transporting said multiplexed voice traffic modified RTP packets 
to said second VoIP gateway utilizing a plurality of transport packets, wherein said transport 
packets are User Datagram Protocol (UDP)/Internet Protocol (IP) packets , and wherein said 
UDP/IP pack e ts transport said modified RTP packets ; 

wherein each of said modified RTP packets comprise comprises at l e ast one of : 
a Payload field for containing a including voice traffic; 
an RTP header; 

a Call Identifier field for identifying a caller; 

a Length Indicator field for identifying the a size of the payload Payload field; and 
a Header Error Check field for identifying errors in the Call Identifier field and 
the Length Indicator field. 

14-17. (cancelled) 

18. (previously presented) The apparatus of claim 13, wherein said Header Error Check field 
performs one bit error correction. 
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19. (previously presented) The apparatus of claim 18, further comprising the step of 
communicating messages between said first VoIP gateway and said second VoIP gateway. 

20. (currently amended) The apparatus of claim 19, wherein , during a call setup, said first 
VoIP gateway communicates an Open Logical Channel message to said second VoIP gateway, 
wherein said Open Logical Channel message includes including said first VoIP gateway's port 
number and a Call Identifier of the calling party. 

21 . (currently amended) The apparatus of claim 20, wherein^ in response to said Open 
Logical Channel message^ said second VoIP gateway communicates an Open Logical Channel 
ACK message to said first VoIP gateway, wherein said Open Logical Channel ACK message 
includes including said second VoIP gateway's port number and a Call Identifier for the called 
party. 

22. (currently amended) The apparatus of claim 21, wherein^ in response to a caller 
terminating a call, said first VoIP gateway communicates a Close Logical Channel message to 
said second VoIP gateway, wherein said Close Logical Channel message includes including said 
first VoIP gateway's port number and said a Call Identifier of the calling party to s aid s e cond 
VoIP gateway . 

23. (currently amended) The apparatus of claim 22, wherein^ in response to said Close 
Logical Channel message^ said second VoIP gateway communicates a Close Logical Channel 
ACK message to said first VoIP gateway, wherein said Close Logical Channel ACK message 
includes including said second VoIP gateway's port number and sakl a Call Identifier of the 
called party. 

24. (original) The apparatus of claim 13, wherein a gatekeeper is used to determine whether 
said second VoIP gatekeeper services said destination. 
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25. (currently amended) A first Voice over Internet Protocol (VoIP) gateway for transporting 
voice traffic over an Internet Protocol (IP) network to a destination, comprising: 

a processor; and 

a storage device coupled to said processor and including instructions for controlling said 
processor, said processor operative with said instructions to: 

receive [[a]] first voice traffic at said first VoIP gateway; 

determine whether said destination of said first voice traffic is serviced by a 
second VoIP gateway; 

in response to a determination that said destination is serviced by said second 
VoIP gateway, multiplex, at said first VoIP gateway, at least one modified RTP packet 
conveying said first voice traffic with at least one modified RTP packet conveying second voice 
traffic if s aid second voic e traffic is being provided to said second VoIP gateway; and 

transport said multiplexed voice traffic modified RTP packets to said second 
VoIP gateway utilizing a plurality of tran s port packets, wherein said transport packets are User 
Datagram Protocol (UDP)/Internet Protocol (IP) packets , and wherein s aid UDP/IP packets 
transport said modifi e d RTP pack e ts ; 

wherein each of said modified RTP packets compri s e comprises at least one of : 

a Payload field for containing including a voice traffic; 

an RTP header; 

a Call Identifier field for identifying a caller; 

a Length Indicator field for identifying the a size of the payload Payload field; and 
a Header Error Check field for identifying errors in the Call Identifier field and 
the Length Indicator field. 

26. (currently amended) A first Voice over Internet Protocol (VoIP) gateway for transporting 
voice traffic over an Internet Protocol (IP) network to a destination as in claim 25, wherein a 
gatekeeper is used to determine whether said destination of said first voice traffic is serviced by 
said second VoIP gateway. 

27. (currently amended) A first Voice over Internet Protocol (VoIP) gateway, for transporting 
voice over an Internet Protocol (IP) network, to a destination, comprising: 
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means for receiving [[a]] first voice traffic at said first VoIP gateway; 

means for determining whether said destination of said first voice traffic is serviced by a 
second VoIP gateway; 

means for multiplexing, at said first VoIP gateway, in response to a determination that 
said destination is serviced by said second VoIP gateway, at least one modified RTP packet ef 
conveying said first voice traffic with at least one modified RTP packet ef conveying second 
voice traffic if said second voic e traffic is being provided to said second VoIP gateway; and 

means for transporting said multiplexed voic e traffic modified RTP packets to said 
second VoIP gateway utilizing a plurality of transport packets, wherein said transport pack e ts ar e 
User Datagram Protocol (UDP)/Internet Protocol (IP) packets , and wh e r e in said UDP/IP pack e ts 
transport said modifi e d RTP pack e ts ; 

wherein each of said modified RTP packets comprise comprises at least one of : 
a Payload field for containing a including voice traffic; 
an RTP header; 

a Call Identifier field for identifying a caller; 

a Length Indicator field for identifying the a size of the payload Payload field; and 
a Header Error Check field for identifying errors in the Call Identifier field and 
the Length Indicator field. 

28-31. (cancelled) 

32. (previously presented) The VoIP gateway of claim 27, wherein said Header Error Check 
field performs one bit error correction. 

33. (currently amended) A method, comprising the steps of: 

receiving [[a]] first voice traffic at a first Voice over Internet Protocol (VoIP) gateway; 

transporting the first voice traffic to a second VoIP gateway utilizing a plurality of 
transport packets if a destination of the first voice traffic is serviced by the second VoIP gateway 
and second voice traffic is currently being provided to the second VoIP gateway, wherein the 
transport packets are User Datagram Protocol (UDP)/Internet Protocol (IP) packets, and wherein 
each of said UDP/IP packets transport transports at least one modified Real-time Transport 
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Packet (RTP) packet for each of said first voice traffic and at least one modified RTP packet of 
said second voice traffic; 

wherein each of said modified RTP packets comprise comprises at least one of : 

a Payload field for containing a including voice traffic; 

an RTP header; 

a Call Identifier field for identifying a caller; 

a Length Indicator field for identifying the a size of the payload Payload field; and 
a Header Error Check field for identifying errors in the Call Identifier field and 
the Length Indicator field. 

34. (cancelled) 

2. The following changes to the drawings have been approved by the examiner and 
agreed upon by applicant: adding a Payload field in Fig. 4. In order to avoid 
abandonment of the application, applicant must make these above agreed upon 
drawing changes. 

3. The following is an examiner's statement of reasons for allowance: 

With regard to claims ,1,13,25,27,33, the prior art of record fails to anticipate or 
make obvious "each of said modified RTP packets comprises: a Payload field including 
voice traffic, an RTP header, a Call Identifier field for identifying a caller; a Length 
Indicator field for identifying the size of the payload field; and a Header Error Check field 
for identifying errors in the Call Identifier field and the Length Indicator field." 

Any comments considered necessary by applicant must be submitted no later 
than the payment of the issue fee and, to avoid processing delays, should preferably 
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accompany the issue fee. Such submissions should be clearly labeled "Comments on 
Statement of Reasons for Allowance." 



4. Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to Blanche Wong whose telephone number is 571-272- 
3177. The examiner can normally be reached on Monday through Friday, 830am to 
530pm. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Edan Orgad can be reached on 571-272-7884. The fax phone number for 
the organization where this application or proceeding is assigned is 571-273-8300. 

Information regarding the status of an application may be obtained from the 
Patent Application Information Retrieval (PAIR) system. Status information for 
published applications may be obtained from either Private PAIR or Public PAIR. 
Status information for unpublished applications is available through Private PAIR only. 
For more information about the PAIR system, see http://pair-direct.uspto.gov. Should 
you have questions on access to the Private PAIR system, contact the Electronic 
Business Center (EBC) at 866-217-9197 (toll-free). If you would like assistance from a 
USPTO Customer Service Representative or access to the automated information 
system, call 800-786-9199 (IN USA OR CANADA) or 571-272-1000. 



BW 

August 31, 2007 



EDAN & ORGAD 
SUPERVISORY PATENT EXAMINER 




